Noise estimation and suppression is very important for improving the quality of speech signal. Noises exist in almost all places. In reality, more than one noise degrades the speech signal. It is hard to find and supress various types of noise that affect the speech quality. This paper proposed a method for noise estimation of mixed non-stationary noisy speech signal. This method uses Spectral properties of the noisy speech signal to detect the frequency regions of noise signal. Highest frequency of speech signal is calculated and it is considered as the threshold value for separating noise signal and clean speech signal. Using Spectral subtraction, Standard deviation of noise spectrum is subtracted with noisy spectrum to acquire enhanced speech signal. Performance of the method is evaluated using SNR and Spectrogram. The main focus of this paper is to propose an independent method which estimates the noise of any type and nature.
INTRODUCTION
Speech is the natural mode of communication for human. They express their minds through speech. Speech signals have rich and temporal spectral variation that conveys words, intention, expression, emotion, gender and speaker identification [3] . In real time situation, the speech received by human is not the clear speech. The quality of speech is degraded by various background noises. Noise exits everywhere with different causes and with different features. Some of the noises are Additive noise which gets added to the proposed signal like Background noise due to Bogus sounds, Terminal noise during Signal capture and Environment noise due to machine, Industry, Transport, Reverberation and Echo. Many research in recent years have been implemented various technique to reduce the noise. It is difficult to find the factors for noise and hard to cancel the specific noise. This paper introduces a method to suppress all background noises invariable of noise type.
RELATED WORK
In recent studies, several filter designs have been implemented in Speaker recognition to suppress and eliminate the unwanted background noise, as well as to improve speech quality [1] - [4] . Implemented a technique for removal of high frequency noise for speech enhancement using Frequency Response Masking (FRM) based on designing low complexity, narrow transition bandwidth and linear phase Finite Impulse Response (FIR) filters [1] . Noise spectrum is calculated from speech absence frames through Voice Activity Detector (VAD) or Minimum Statistic methods [5] .
Many Noise estimation algorithms are proposed for strange non-stationary noise signals [5] [6] [7] . Martin [5] proposed an algorithm for estimating the noise by tracking the various noise level using Minimum Statistics (MS) [5] . Cohen proposed an algorithm for noise estimation by tracking the noise only region of the noisy speech spectrum called Minima Controlled Recursive Algorithm (MCRA) [6] . R. Sundarrajan and C.L. Philipos proposed a method for comparing the ratio of the noisy speech signal to the local minimum against a threshold [7] . Doblinger [8] proposed a method for estimating the noise spectrum for the speech signal, the main drawback of this algorithm is noise estimation increases simultaneously with increase in noisy speech power. Cohen and Berdugo proposed a method for noise estimation. In this, noise estimation is updated continuously by averaging the past spectral values of the noisy speech with time and frequency dependent smoothing factors [9] .
Hiresh H.G and Ehrlicher C [13] proposed a method based on estimating a histogram of past spectral values, which are compared against a Threshold. Threshold is based on the past noise estimation. This algorithm fails to adapt when the noise estimation suddenly increase.
Marc Karam et al. proposed a method for Noise removal for real time data using Spectral subtraction [14] .
Spectral Subtraction [10] - [12] is a traditional approach for reducing additive background noise in Single channel system. Spectral Subtraction with Partial Differential Equation (PDE) method has been proposed by [15] . In this method, input speech signal is enhanced using PDE and the quality of speech signal is improved through Spectral Subtraction.
M. Thirumarai Chellapandi and P. Kabilan [16] proposed a method to improve the quality of speech for mobile application by reducing acoustic noise using Spectral Subtraction and Linear Prediction Coding (LPC).
Poornapriya G et al. [17] proposed a method to isolate the noise from noisy speech signal for mobile phone users. Wavelet based Spectral Subtraction technique is implemented to enhance the speech signal by reducing the interferences.
Israel Cohen, Baruch Berdugo [18] presented a speech estimator OM-LSA and a noise estimation method for Nonstationary environment.
Lin. L, E. Ambikairajan, W.H. Holmes [19] proposed a technique using auditory filter bank for denoising the speech signal which is suitable for Non-stationary and colored noise environment. To overcome the drawback of Short time Spectral attenuation (STSA) Kotta [20] proposed a post processing method to detect noise domination region which are attenuated using a SNR Based rule.
SYSTEM OUTLINE
Spectral Subtraction and Linear Prediction suits good for eradication of Background noise and residual Noise [20] . Block diagram of our proposed system is shown below.
Fig.1. Block diagram of proposed method
Speech is non-stationary signal which is affected by various environmental noises. Properties of speech signal changes rapidly over time. Speech signal is represented as,
In general, noise properties change quit rapidly over time in non-stationary environment. Noisy speech signal remains invariant for a short period of time [13] . The speech signal is divided into the frames by using Hamming window. In windowing, the beginning and end of the signal is attenuated in the calculation of the spectrum. Hence overlapping is performed to recover a portion of each previous frame that is lost due to windowing. Overlapping ensure better temporal continuity in the transform domain. An overlap of half the window size is typical [6] . Thus input speech signal is segmented into frames with overlap of 1/2 of the frame size. The time domain of framed speech signal is denoted as,
where, n ranges over 1-256 samples and i denotes the frame number corresponding to the time-domain frame. Phase value is calculated and stored for later. FFT is performed to obtain the magnitude frequency response of each frame. In FFT, the signal within a frame is considered as periodic, and continuous when wrapping around.
Linear Prediction is one of the most important tools in speech processing. LP is a useful method for estimating parameters of recorded speech signal. The output samples are predicted as a linear combination of filter co-efficient and previous samples.
For any noisy speech signal, back ground noise is to be suppressed. Spectral subtraction is commonly used algorithm for speech enhancement. The basic principle of spectral subtraction is subtracting noise spectrum from the noisy speech spectrum, which results in clean speech spectrum.
IFFT is used to reconstruct the spectral speech signal and transforms Frequency domain signal into Time domain enhanced speech signal.
PROPOSED NOISE ESTIMATION ALGORITHM
Noise suppression is an important factor of modern communication systems. Pre-processing of noisy speech signal improves the performance of speech communication system for signals that was corrupted by stationary environment noise, through improving the speech quality or intelligibility. It is difficult to suppress non stationary noise with pre-processing. The proposed method presents a Noise estimation technique with Spectral subtraction which well suited for rapidly varying noise in non-stationary environment. Noise estimation and Spectral Subtraction cannot be successfully implemented in time domain. Hence, time domain signal is converted into frequency domain signal using FFT.
Noisy speech signal is segmented, windowed and half overlapped. Spectral magnitude of noisy speech signal is obtained through FFT. Spectral magnitude of the noisy speech signal is filtered using Linear Prediction. Highest frequency of speech signal is calculated from noisy speech signal and it is treated as "Threshold value". This value helps to calculate the frequency range of Noise signal from Noisy speech signal.
In proposed method, Noise is estimated by using mean and Standard deviation. As the characteristics of signal changes rapidly in non-stationary signal, the slowly changing mean interferences with the calculation of the standard deviation leads to inaccurate value [14] . This problem is overcome by dividing the signal into small sections and calculating the statistics for each section individually and Standard deviation for each of the section is averaged to produce a single accurate value.
The mean value of signal is calculated from,
where, μ is mean value of signal, xi is a signal, i is an index which varies from 0 to N-1. Sum of the values in signal x is calculated as, where, σ is Standard Deviation, N is number of samples.
Mean value describes what is being measured and Standard Deviation represents noise and other interference in signal.
SPECTRAL SUBTRACTION
Spectral subtraction is used to subtract estimated Standard Deviation of the noise spectrum from the spectrum of noisy speech. The signal received is the sum of clean speech and noise.
where, s(n) is noisy speech signal, x(n) is clean speech signal and d(n) is noise signal. Once it is framed and transformed into frequency domain it is represented as, 
where, Ei(k) represents the estimated clean spectrum Mi(k) represents the Noisy spectrum Ni(k) represents noise estimate of our proposed method Spectral subtraction is restricted to use positive magnitude spectrum. Thus clean spectrum of each frame is estimated.
Estimated clean magnitude spectrum Ei(k) is combined with phase spectrum θi(k)
According to Boll [10] , the phase value of noisy speech spectrum is sufficient to use for an estimation of clean speech signal after Spectral subtraction.
Inverse FFT of Ci(k) results time domain frames to reconstruct enhanced speech signal.
PERFORMANCE EVALUATION
Noise signal have different properties and the way it affects the speech signal also varies. Hence the performance of the proposed method is tested with various Noisy speech samples. White noise, Pink noise and Factory noise are considered as background noises which were taken from the NOISEX-92 database. The Fig.3 
SIGNAL TO NOISE RATIO (SNR)
As speech is processed in frames, SNR is computed for each segment. SNR value for i th segment is defined as defined as, (14) where, Si and ni are speech and noise sample in the i th segment. Averages of these segments are calculated as SNR value of speech signal.
SNR value for Noisy Speech signal (Pink, White and Babble) are compared with its corresponding clean speech signal. The 
SPECTROGRAM
Spectrogram is a visual quality comparison of speech signal [16] .The spectrogram of noisy speech signal and enhanced speech signal is shown in the Fig.4 . 
PERCEPTUAL EVALUATION OF SPEECH QUALITY (PESQ)
The PESQ is the most complex objective measure to compute the Quality of speech. This evaluation method focus on end-to end behaviour including the effects of filtering, listening frequency and the perceived loudness.
The PESQ provides a speech quality score based on the comparison between the original speech signal and the signal degraded by the network under test. Psychoacoustic and Cognitive models are used to perform this test.
TIME AND FREQUENCY SIGNAL TO NOISE RATIO
The segmental signal to noise ratio is evaluated either in terms of time or frequency domain. Segmental signal to Noise ratio is measured using original speech signal and processed signal. It is calculated through, 
CONCLUSION
This paper proposed a new method for noise estimation which suits for noise suppression Spectral Subtraction algorithm. Noise is estimated by fixing the threshold value which separates noise range from speech signal range. Unlike other methods, Noise estimation did not depend on specific noise and it suits for any specific noise. From the experimental results and performance of SNR and Spectrogram, noise estimation method effectively supports for noise suppression.
